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Description 

BACKGROUND OF THE INVENTION 

1 . Field of the Invention 

[0001] The present invention relates to an encoding 
apparatus and method, adapted to encode a second 

code string which can be encoded with a higher efficien- 
cy than that with which a first code string can be encod- 
ed. 

2. Description of the Related Art 

[0002] The technique to record information to a re- 
cording medium capable of recording an encoded audio 
or speech signal, such as a magneto-optical disc or the 
like, Is widely used. For a highly efficient coding of an 
audio or speech signal, there have been proposed var- 
ious methods such as the subband coding method 
(SBC) in which an audio signal or the like on a time base 
is divided into a plurality of frequency bands without 
blocking, and the so-called transform coding method in 
which a signal on the time base is transfomried to a one 
on the frequency base (spectrum transform), divided in- 
to a plurality of frequency bands and then the signal in 
each of the frequency bands is encoded. Also, a high 
efficiency coding method has also been proposed which 
is a combination of the SBC method and transform cod- 
ing method. In this third one, for example, after an audio 
or speech signal is divided into a plurality of frequency 
bands by the SBC method, the signal in each frequency 
band is spectrum-transformed to a signal on the fre- 
quency base, and the signal is encoded in each spec- 
trum-transformed frequency band. The QMF filter for ex- 
ample is used in this coding method. The QMF filter Is 
defined in R. E. Crochiere: Digital Coding of Speech in 
Subbands, Bell Syst. Tech. Journal, Vol. 65, No. 8, 
1 976". Also, the method for equal-bandwidth division by 
filter Is defined in "Joseph H. Rothweiler: Polyphase 
Quadrature Filters - A New subband CordingTechnique, 
ICASSP 83, BOSTON". 

[0003] In an example of the above-mentioned 
spectrum , an input audio signal is blocked at predeter- 
mined unit times (encoding frames), and each of the 
blocks is subjected to the discrete Fourier transform 
(DFT), discrete cosine transform (DCT) or modified dis- 
crete cosine transform (MDCT) to transform a time base 
to a frequency base. The MDCT is described in "J. P. 
Princen and A. B. Bradley, Univ. of Surrey Royal Mel- 
bourne Inst, of Tech.: Subband/T ransfonm Coding Using 
Filter Bank Designs Based on Time Domain Aliasing 
Cancellation, ICASSP, 1987". 

[0004] When the above-mentioned DFT or DCT Is 
used for of a waveform signal to a spectrum, with a time 
block consisting of M samples will yield a number M of 
independent real data. Normally, a time block is ar- 
ranged to overlap M1 samples thereof its neighboring 



2 

blocks each to suppress the distortion of the connection 
between time blocks. Therefore, in the DFT and DCT. 
signal will be encoded by quantizing on average M real 
data for a number (M-M1 ) of samples. 

5 [0005] When the MDCT is used as the method for of 
a waveform signal to a spectrum. M independent real 
data can be obtained from 2M samples arranged to 
overlap M ones thereof its neighboring blocks each. 
Therefore, in the MDCT, signal is encoded by quantizing 

10 on average M real data for the M samples. In a decoder, 
wavefomn elements obtained from a code resulted from 
the MDCT by inverse transform in each block are added 
together while being made to interfere with each other, 
thereby permitting to reconstruct the waveform signal. 

15 [0006] Generally, by increasing the length of the time 
block, the frequency separation of the spectrum is In- 
creased and energy Is concentrated on a specific spec- 
trum component. Therefore, by transforming a wave- 
form signal to a spectrum with an increased block length 

20 obtained by overlapping a time block a half thereof its 
neighboring time blocks each and using the MDCT in 
which the number of spectrum signals obtained will not 
increase relative to the number of original time samples, 
it will be possible to enable a coding whose efficiency is 

25 higher than that attainable with the DFT or DCT. 

[0007] By quantizing a signal divided into plurality of 
frequency bands by the filtering or spectrum as in the 
above, It is possible to control any frequency band 
where quantization noise occurs and encode an audio 

30 signal with an higher efficiency In the auditory sense us- 
ing a property such as the masking effect. Also, by nor- 
malizing, for each of the frequency bands, the audio sig- 
nal with a maximum absolute value of a signal compo- 
nent in the frequency band before effecting the quanti- 

35 zation, a further higher efficiency of the coding can be 
attained. 

[0008] The width of frequency division for quantiza- 
tion of each frequency component resulted from a fre- 
quency band division is selected with the auditory char- 
ge acteristic of the human being for example taken In con- 
sideration. That Is, an audio signal is divided into a plu- 
rality of frequency bands (25 bands for example) in such 
a bandwidth as will be larger as its frequency band is 
higher, which is generally called "critical band", as the 
45 case may be. Also, at this time, data In each band is 
encoded by a bit distribution to each band or with an 
adaptive bit allocation to each band, For example, when 
a coefficient data obtained using the MDCT is encoded 
with the above bit allocation, an MDCT coefficient data 
so in each band, obtained using the MDCT at each block, 
will be encoded with an adaptively allocated number of 
bits. The of the adaptive bit allocation information can 
be determined so as to be previously included in a code 
string, whereby the sound quality can be improved by 
55 improving the coding method even after determining a 
format for decoding . The known bit allocation tech- 
niques include the following two: 
[0009] One of them is disclosed in "R. Zelinski and P 
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Noll: Adaptive Transform Coding of Speech Signals, 
IEEE Transactions of Acoustics. Speech, and Signal 
Processing, Vol. ASSP-25. No. 4, August 1977". This 
technique is such that the bit allocation is made based 
on the size of a signal in each frequency band. With this 
technique, the quantization noise spectrum can be flat 
an the noise energy be minimum, but since no masking 
effect is used, the actual noise will not feel auditorily op- 
timum. 

[0010] The other one is disclosed in "M. A. Kransner, 
MIT: The Critical Band Coder - Digital encoding of the 
perceptual requirements of the auditory system, ICAS- 
SP, 1980". This technique is such that the auditory 
masking is used to acquire a necessary signal-to-noise 
ratio for each frequency band, thus making a fixed bit 
allocation. With this technique, however, since the bit 
allocation Is a fixed one , the signal characteristic will 
not be so good even when it Is measured on a sine wave 
input. 

[0011] To solve the above problem, there has been 
proposed a high efficiency encoder in which all bits us- 
able for the bit allocation are divided for a fixed bit allo- 
cation pattern predetermined for each small block and 
for a bit distribution dependent upon a signal size of 
each block at a ratio dependent upon a signal related 
with an input signal and whose number of bits for the 
fixed bit allocation pattern Is larger as the spectrum of 
the signal is smoother. 

[0012] With the above method adopted in the encod- 
er, the entire signal-to-nolse ratio can considerably be 
Improved by allocating more bits to a block including a 
specific spectrum to which energy is concentrated, such 
as a sine wave input. Generally, since the human ears 
are extremely sensitive to a signal having a steep spec- 
trum component, the above method can be used to im- 
prove the signal-to-nolse ratio, which does not only Im- 
prove a measured value but also can effectively Improve 
the sound quality. 

[0013] The bit allocation methods Include many other 
ones as well. The auditory model Is further elaborated 
to enable a higher-efficiency coding if the encoder could. 
Generally, in these methods, a reference for the real bit 
allocation to realize a computed signal-to-noise ratio 
with a highest possible fidelity Is determined and an in- 
tegral value approximate to the computed value is taken 
as a number of allocated bits. 

[001 4] For example, the Application of the present in- 
vention has proposed an encoding method In which a 
signal component having an auditorily important tone 
component, namely, a signal component having an en- 
ergy concentrated around a predetermined frequency 
thereof, is separated from a spectrum signal and encod- 
ed separately from the other spectrum component. 
Thus, this method allows to encode an audio signal or 
the like efficiently with a high compression rate with little 
^ auditory deterioration. 

[0015] To form an actual code string, it suffices to first 
encode quantizing precision information and normaliz- 



ing coefficient Information with a predetermined number 
of bits for each frequency band in which the normaliza- 
tion and quantization are effected, and then encode the 
normalized and quantized signals. Also, In the ISO/1 EC 

5 11172-3: 1998 (E), 1993, a high efficiency coding meth- 
od is defined In which the number of bits Indicating quan- 
tizing precision Information varies from one frequency 
band to another in such a manner that as the frequency 
is higher, the number of bits indicating quantizing precl- 

^0 slon information will be smaller. 

[0016] It has also been proposed to determine quan- 
tizing precision information based on normalizing coef- 
ficient information for example in a decoder instead of 
directly encoding the quantizing precision Information. 

'5 In this method, however, since the relation between the 
normalizing efficient information and quantizing preci- 
sion Information will be determined when a format Is set, 
so it Is not possible to introduce the control of the preci- 
sion of quantization based on a further advanced audl- 

20 tory model which will be available in future if any. Also, 
when a compression rate to be realized ranges wide, It 
Is necessary to determine the relation between the nor- 
malizing coefficient Information and quantizing preci- 
sion information for each compression rate. 

^5 [0017] Also, there is known an encoding method In 
which a quantized spectrum signal is encoded using a 
variable-length code defined in "D.A. Huffman: A Meth- 
od for Construction of Minimum Redundancy Codes, 
Proc. I.R. E,40,p. 1098 (1952)" for example with a hlgh- 

30 er efficiency. 

[0018] As In the above, techniques for a higher-effi- 
ciency coding have been developed one after another. 
By employing a format incorporating a newly developed 
technique, it is possible to record for a longer time, and 

35 also record an audio signal having a higher sound qual- 
ity for the same length of recording time. 
[001 9] However. If players capable of playing back on- 
ly signals recorded In a predetermined format (will be 
referred to as "first format" hereinafter) prevail (this play- 

40 er will be referred to as "first format-conforming player" 
hereinafter), the first fonnat-conforming players will not 
be able to read a recording medium in wh Ich signals are 
recorded in a format using a higher-efficiency coding 
method (this format will be referred to as "second for- 

45 mat" hereinafter). More specifically, even if the recording 
medium has a flag Indicating a format when the first for- 
mat Is determined, the first format-conforming player 
adapted to read a signal with no disregard for the flag 
signal will read signals from the recording medium tak- 

50 ing that all signals in the recording medium have been 
recorded in the first format. Therefore, all the first for- 
mat-conforming players will not recognize that signals 
in the recording medium have been recorded in the sec- 
ond format If applicable. 

55 [0020] Thus, if the first format-conforming player 
plays back a signal recorded In the second format taking 
that the signal has been recorded in the first format, a 
terrible noise will possibly occur. 
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[0021] To avoid the above, the Applicant of the 
present invention has also applied for patent an Im- 
proved method for recording data In a so-called TOC 
area, In which when a music piece is recorded by the 
second format codec, the first format-conforming player 
will actually play back a warning message recorded In 
nay other area than the TOC area by the first format co- 
dec. 

[0022] However, the above method proposed by the 
Applicant needs that an ambient spare area in the TOC 
area In the first format and Is not advantageous in that 
the playback by a second format-conforming player is 
complicated. 

OBJECT AND SUMMARY OF THE INVENTION 

[0023] It Is therefore an object of the present Invention 
to overcome the above-mentioned drawbacks of the pri- 
or art by providing an encoding apparatus and method, 
which needs no ambient spare area in the TOC area 
and in which the playback by a second format-conform- 
ing player is not complicated. 

[0024] The above object can be attained by providing 
an encoder including according to the present invention: 

a first encoding means for generating a first code 
string by encoding a warning message signal or si- 
lent signal; 

a second encoding means for generating, when the 
first encoding means is encoding a silent signal, a 
second code string by encoding an input signal; and 
means for generating a synthetic code string by 
combining the first and second code strings togeth- 
er. 

[0025] Also the above object can be attained by pro- 
viding an encoding method Including according to the 
present invention: 

a first encoding step of generating a first code string 
by encoding a warning message signal or silent sig- 
nal; 

a second encoding step of generating, when the 
first encoding means is encoding a silent signal, a 
second code string by encoding an input signal; and 
a step of generating a synthetic code string by com- 
bining the first and second code strings together. 

[0026] Also the above object can be attained by pro- 
viding a recording medium for recording a synthetic sig- 
nal generated by combining a first code string and sec- 
ond code string, in which the first code string is gener- 
ated by encoding a warning message or silent signal 
while the second code string is generated by encoding 
an inputsignal when thefirst code string is a silent signal 
encoded. 

[0027] Also the above object can be attained by pro- 
viding a decoder including according to the present in- 



vention: 

means for receiving a code string synthesized by 
combining a code string encoded by afirst encoding 
5 means and a code string encoded by a second en- 
coding means; 

means for detecting a predetermined bit pattern in 
the first code string; and 
means for decoding the second code string; 
10 the second code string decoding means providing 
a predetermined sound when the predetermined bit 
pattern has not been detected by the bit pattern de- 
tecting means. 

15 [0028] Also the above object can be attained by pro- 
viding a decoding method including, according to the 
present Invention, steps of: 

receiving a code string synthesized by combining a 
20 code string encoded by a first encoding and a code 
string encoded by a second encoding; 
means for detecting a predetemnlned bit pattern in 
the first code string; and 
means for decoding the second code string; 
25 at the second code string decoding step, there be- 
ing provided a predetermined sound when the pre- 
determined bit pattern has not been detected at the 
bit pattern detecting step. 

30 [0029] Also the above object can be attained by pro- 
viding a decoder Including according to the present in- 
vention: 

means for receiving a code string synthesized by 
35 recording, in a predetermined-length encoding 
frame, a first code string from the top of the encod- 
ing frame and a second code string from the bottom 
of the encoding frame; and 

means for decoding the second code string record- 
40 ed from the bottom of the encoding frame. 

[0030] Also the above object can be attained by pro- 
viding a decoding method including, according to the 
present Invention, steps of: 

45 

receiving a code string synthesized by recording, In 
a predetermined-length encoding frame, a first 
code string from the top of the encoding frame and 
a second code string from the bottom of the encod- 
50 ing frame; and 

decoding the second code string recorded from the 
bottom of the encoding frame. 

[0031] These objects and other objects, features and 
55 advantages of the present intention will become more 
apparent from the following detailed description of the 
preferred embodiments of the present invention when 
taken in conjunction with the accompanying drawings. 
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BRIEF DESCRIPTION OF THE DRAWINGS 
[0032] 

FIG. 1 is a block diagram of a preferred embodiment 
of the encoder according to the present invention; 

FIG. 2 is a block diagram of a first conventional en- 
coder to encode an input signal based on a first cod- 
ing method; 

FIG. 3 is a block diagram of a transform block form- 
ing the first conventional encoder; 
FIG, 4 is a block diagram of a signal component en- 
code block forming the first conventional encoder; 
FIG. 5 explains a first coding method which is adopt- 
ed in the first conventional encoder shown in FIG. 2; 
FIG. 6 shows in detail a code string which will be 
when a signal encoded by the first encoder is re- 
corded into a recording medium; 
FIG. 7 explains a code string of a music piece 
formed from a sequence of encoding frames gen- 
erated by the first conventional encoder, and TOC 
area; 

FIG. 8 is a block diagram of a signal component en- 
code block forming together with the transform 
block the second codec encode block shown in FIG. 
1; 

FIG. g explains a spectrum the signal component 
encode block shown in FIG. 8 is to encode; 
FIG. 10 shows in detail a code string which will be 
when a signal encoded by the second coding meth- 
od is recorded into the recording medium; 
FIG. 11 explains a first method adopted in the en- 
coder shown In FIG. 1; 

FIG. 12 explains a second method adopted in the 
encoder shown in FIG. 1 ; 

FIG. 13 shows in detail a recording the synthetic 
code string shown in FIGS. 11 and 12 Into the re- 
cording medium; 

FIG. 1 4 shows in detail an encoding frame data con- 
sisting of code strings generated by an encoder ac- 
cording to another embodiment of the present in- 
vention; 

FIG. 15 explains another code string recording 
method implemented using the code string shown 
In FIG. 14; 

FIG. 1 6 Is a block diagram of a encoder to generate 
another code siring shown In FIG. 15; 
FIG. 17 is a block diagram of a decoder to read an 
acoustk; signal from a recording medium having re- 
corded therein the code string shown in FIG. 13; 
FIG. 1 8 is a flow chart of operations effected in play- 
back of an acoustic signal by a selective silencer 
forming a part of the decoder in FIG. 17; 
FIG. 1 9 is a block diagram of a conventional decod- 
er corresponding to the encoder shown in FIG. 2; 
FIG. 20 is a block diagram of an inverse transfomn 
block forming a part of the conventional decoder 
shown in FIG. 19; 



FIG. 21 is a block diagram of a signal component 
decode block f onning a part of the conventional de- 
coder shown in FIG. 19; 

FIG. 22 Is a block diagram of essential parts of the 
5 decoder for decoding a tone component separated 
and encoded by the encoder shown in FIG. 8; 
FIG. 23 is a block diagram of a recorder and/or play- 
er to which the conventional encoder and decoder, 
or the encoder and decoder according to the 
^0 present invention can be applied; 

FIG. 24 is a block diagram of an information proc- 
essor in which the encoding method according to 
the present invention is employed; and 
FIG. 25 is a flow chart of operations effected in ex- 
's ecution of a coding program by the information 
processor in FIG. 21. 

DETAILED DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

20 

[0033] Referring first to FIG. 1 , there Is illustrated in 
the form of block diagram the preferred embodiment of 
the encoder according to the present invention. For a 
silent playback without generation of a noise even when 

25 a first fomiat-conforming player reads a recording me- 
dium having recorded therein a second code string con- 
forming to a second format based on a second coding 
method which will further be described and having been 
encoded with a higher efficiency than a first code string 

30 conforming to a first format based on a first coding meth- 
od which will further be described later, the encoder 
shown in FIG. 1 prevents the user from considering the 
recording medium to have no sound recorded therein, 
which would be possible because of the silent playback. 

35 Note that the first format is an existing old format while 
the second format is a new format upper-compatible 
with the first format. 

[0034] Therefore, as shown in FIG. 2, the encoder in- 
cludes a first codec-based warning message generator 

40 151 to generate a warning message by the first codec; 
a first codec-based silent fixed pattern generator 1 52 to 
generate a first codec-based silent fixed pattern, a sec- 
ond codec encode block 154 to encode an input signal 
by a second codec, and a code string generator 155 to 

^5 generate a synthetic code stnng by combining outputs 
from the above components in an encoding frame hav- 
ing a predetermined length being a unit of encoding. The 
encoder includes a controller 150 to control the above 
encoder components as well. 

50 [0035] Note that the "codec" generally means "code- 
decode" but it will be used herein in each of the encoding 
and decoding methods to mean intra-codec encoding 
and intra-codec decoding, respectively. 
[0036] The encoder builds a music piece from a warn- 

55 ing message part and music piece part, each formed 
from a plurality of the above encoding frames. In this 
encoder, the first codec-based warning message gen- 
erator 1 51 is controlled by the controller 1 50 to generate 
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R first codec-based warning message "this music piece 
has been recorded by second codec" which will be re- 
corded in the leading part of each music piece, and 
sends it to the code string generator 155. Also, under 
the control of the controller 150, the first codec-based 
silent fixed pattern generator 152 generates a first co- 
dec-based silent fixed pattern which will be recorded in 
the top part of the encoding frame of the music piece 
part, and sends it to the code string generator 155. The 
second codec encode block 154 encodes a PCM input 
signal of a music piece by the second codec, and sends 
it to the code string generator 155. The code string gen- 
erator 155 combines the warning message, silent fixed 
pattern and second codecencoded data for each encod- 
ing frame to generate a synthetic code string. 
[0037] The first codec is originally a kind of high-effi- 
ciency coding for compression. The first codec encodes 
an Input signal such as audio PCM signal or the like with 
a high efficiency using the subband coding (SBC), adap- 
tive transform coding (ATC) and adaptive bit allocation. 
[0038] Referring now to FIG. 2, there is illustrated in 
the form of a block diagram a first conventional encoder 
to encode an input signal based on the first codec. The 
signal supplied at an input temiinal 40 is transformed by 
a transformer 41 to signal frequency components, and 
each of the components is encoded by a signal compo- 
nent encode block 42. A code string generator 43 gen- 
erates a code string which will be delivered at an output 
terminal 44. 

[0039] Referring now to FIG. 3, there Is illustrated in 
the form of a block diagram the transformer 41 forming 
the first conventional encoder. As shown, in the trans- 
former 41 in the first conventional encoder, a signal di- 
vided by a subband filter 46 into two frequency bands is 
transformed by forward spectrum transformers 47 and 
48 such as MDCTto spectrum signal components in the 
respective frequency bands. The bandwidth of the spec- 
trum signal components from the forward spectrum 
transformers 47 and 48 is a half of the bandwidth of the 
input signal, namely, it is halved. Of course, the trans- 
former 41 may be any other one selected from many 
transformers. For example, the input signal may be 
transformed by the MDCT directly to spectrum signal 
components. Otherwise, it may be transformed by the 
DFT or OCT In place of the MDCT to spectrum signal 
components. Also It is possible to divide the input signal 
by the so-called subband filter into frequency band com- 
ponents. In this embodiment, however, it will be conven- 
ient to transform an input signal to frequency compo- 
nents by the spectrum transform by which it is made 
possible to obtain many frequency components with a 
relatively small number of operations. 
[0040] Referring now to FIG. 4, there is illustrated in 
the form of a block diagram the signal component en- 
code block 42 in FIG. 2. As shown, each signal compo- 
nent supplied from an input terminal 51 is normalized by 
a normalizer 52 for each predetermined frequency 
band, and then quantized by a quantizer 54 based on a 



quantizing precision data calculated by a quantizing pre- 
cision determination block 53. The quantizer 54 pro- 
vides quantized signal components and normalizing co- 
efficient information and quantizing precision informa- 
5 tion. These outputs are delivered at an output terminal 
55. 

[0041] Referring now to FIG. 5, there is illustrated a 
first conventional coding method adopted in the first 
conventional encoder shown in FIG. 2. The spectrum 
10 signal has been provided from the transformer 41 shown 
in FIG. 3. In FIG. 5, the absolute value of the spectrum 
signal from the MDCT is transformed to a level (dB). The 
input signal Is transfomned to 64 spectrum signals each 
for a predetemnined time block (encoding frame). The 
15 spectrum signals are grouped in 8 bands from U1 to US 
(each will be referred to as "encoding unit" hereinafter), 
and they are normalized and quantized for each encod- 
ing unit. By varying the quantizing precision for each en- 
coding unit depending upon how the frequency compo- 
rt? nents are distributed, the deterioration of sound quality 
can be minimized for an auditorily high efficiency of en- 
coding. If any spectrum signal in the encoding unit has 
not to be encoded actually, the encoding unit may be 
allocated zero bit to make silent the signal in the fre- 
25 quency band corresponding to the encoding unit. 

[0042] Referring now to FIG. 6, there is illustrated in 
detail a code string which will be when a signal encoded 
by the first encode block is recorded into a recording 
medium. In this example, each of the encoding frames 
^O'^i* " disposed at the top thereon a fixed-length 
header 80 in which a sync signal 81 and a number of 
encoding units 82 are recorded. In the code string, the 
header 80 is followed by quantizing precision data 83 
for the number of encoding units 82, and the quantizing 
35 precision data 83 is followed by normalizing coefficient 
data 84forthe number of encoding units 82. Normalized 
and quantized spectrum coefficient data 85 follows the 
normalizing coefficient data 84. In case each of the en- 
coding frames Fq, Fi, ... has a fixed length, ablankarea 
40 86 may be provided following the spectrum coefficient 
data 85. 

[0043] Referring now to FIG. 7, there Is illustrated a 
code string of a music piece formed from a sequence of 
encoding frames F©, F-,, ... generated by the first con- 

45 ventlonal encoder, and a TOC area 201 . The code string 
and TOC area 201 are recorded in a recording medium. 
As shown in FIG. 7, a signal recording area 202 includes 
areas 202^ , 2022 2032. ^^^^ areas 202^ to 

2023 has recorded therein a code string of a music piece 

so formed from the sequence of encoding frames Fq, F^ , ... 
The TOC area 201 has recorded therein information on 
which portion each music piece starts at or similar infor- 
mation, which makes it possible to know where the lead- 
ing end and trailing end of each music piece exist. More 

55 specifically, the TOC area 201 has recorded therein a 
first music piece information address A1 , second music 
piece information address A2, third music piece infor- 
mation address A3, ... The first music piece Information 
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address A1 includes a first music piece start address 
A1 S, music piece end address A1 E. music piece encod- 
ing mode M1 and reserved information R1 recorded in 
the area 202^. Similarly, the second music piece Infor- 
mation address A2 includes a second music piece start 5 
address A2S, music piece end address A2E, music 
piece encoding mode M2 and reserved information R2 
recorded in the area 2022- Note that the music piece 
encoding mode is for example the compress coding 
mode such as ATC, io 
[0044] The first coding method having been described 
in the foregoing can further be improved In efficiency of 
coding. For example, a relatively small code length is 
assigned to ones of the quantized spectrum signals that 
appear frequently while a relative large code length is 
assigned to ones of the quantized spectrum signals that 
appear less frequently, thereby pemiitting to Improve 
the efficiency of coding. Also, when the transfomi block 
length is increased, sub information such as quantizing 
precision information and normalizing coefficient infor- 
mation can relatively be reduced in amount and the fre- 
quency resolution can be raised, so that the quantizing 
precision on the frequency base can be controlled more 
elaborately. The efficiency of coding can thus be im- 
proved. 

[0045] Moreover, the Applicant of the present inven- 
tion has also applied for patent an encoding method in 
which a signal component having a special auditory im- 
portance, that is, a signal component having energy 
concentrated around a predetermined frequency there- 
of, is separated from a spectrum signal and it is encoded 
separately from other spectrum components. This 
method permits to encode an audio signal efficiently at 
a high compression rate with little auditory deterioration. 
It should be noted that this embodiment adopts this en- 
coding method as the second codec. 
[0046] The second codec encode block 151 shown in 
FIG. 1 Is supplied with a PCM Input signal via an input 
terminal 130 and generates, using the second codec, a 
second codec-based code string. It should be noted 
however that he second codec encode block 154 has 
the functions of both the transformer 41 and signal com- 
ponent encode block 42 shown in FIG. 2. 
[0047] The signal component encode block 42 form- 
ing along with the transfomner 41 the second codec en- 
code block 1 54 In FIG. 1 Is constructed as shown in FIG. 
8. As shown, the output of the transformer 41 shown in 
FIG. 2 is supplied to a tone component separator 91 via 
an input temninal 90. The tone component separator 91 
separates the transformed output of the transformer 41 
into a tone component and non-tone component and 
suppliesthem to a tone component encode block 92 and 
non-tone component encode block 93, respectively. The 
tone component encode block 92 and non-tone compo- 
nent encode block 93 are constructed similarly to the 
encode block shown in FIG. 4 and encode the tone com- 
ponent and non-tone component, respectively. The tone 
component encode block 92 encodes position data of 
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the tone component as well. 

[0048] The spectrum to be encoded by the signal 
component encode block 42 wilt be described below 

with reference to FIG. 9. Also in FIG. 9= the absolute 
spectrum value of the MDCT is transformed to a level 
(dB). An input signal is transformed to sixty four spec- 
trum signals for each predetermined time block (encod- 
ing frame). The 64 spectrum signals are grouped Into 
eight encoding units from U1 to U8, and normalized and 
quantized for each encoding unit. Note that although the 
description is made herein concerning the 64 spectrum 
signals for the simplicity of the illustration and explana- 
tion, 1 28 pieces of spectrum data can be provided if the 
transform length is set double that in the example shown 
In FIG. 5. The difference from that in FIG. 5 is that a 
high-level one is separated as a tone component Tl from 
the spectrum signals and encoded. For example, for 
three tone components Tl , T2 and T3, their respective 
position data PI , P2 and P3 are also required. However, 
spectrum signals from which the tone components T1 , 
T2 and T3 have been extracted can be quantized with 
less bits. This method can conveniently be adopted for 
a signal including a special spectrum signal to which en- 
ergy is concentrated, thereby permitting to attain a high 
efficiency of encoding. 

[0049] Referring now to FIG. 1 0, there is illustrated in 

detail a specific example of a code string which will be 
when a signal encoded by the second coding method Is 
recorded into a recording medium. In this example, a 
tone code string 110 is recorded between a header 121 
and quantizing precision data 124 in a code string 120 
generated by the second coding method to separate 
tone components from each other. The code string 120 
generated by the second coding method is a one having 
recorded therein a second format header 121 including 
a sync signal 122, number of encoding units 123, etc., 
the second header 1 21 being followed by the tone code 
string 110, quantizing precision data 124, normalizing 
coefficient data 125, spectrum coefficient data 126. etc. 
in this order. The tone code string 1 1 0 has first recorded 
therein a number of tone components 1 1 1 , the latter be- 
ing followed by data on each tone component 112o, 
more specifically, position data 113, quantizing preci- 
sion data 114, normalizing coefficient data 115 and 
spectrum coefficient data 116. Further in this example, 
the length of transform block to be transformed to spec- 
trum signals is set double that in the example based on 
the first coding method shown in FIG. 6 to raise the fre- 
quency resolution, and in addition, a variable-length 
code is introduced to record, in the encoding frames Fq, 
F^, of the same number of bytes as that in the exam- 
ple in FIG. 6, a code string of an acoustic signal having 
a length two times largerthan that in the example in FIG. 
6. 

[0050] The embodiment of the encoder according to 
the present Invention shown in FIG. 1 is intended to pre- 
vent a terrible noise from occurring when a recording 
medium having infomriation recorded in the code string 
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Shown in FIG. 1 0 is played in a player capable of reading 
only a recording nnedium having information recorded 
m the code string shown in FIG. 6, and also prevents 
■ ne user from considering the recording medium to have 
no sound recorded therein, which would be possible be- 
cause of the silent playback. 

[0051] First, for a silent playback by prevention of a 
noise from occurring, the encoder shown in FIG. 1 uses 
the first coding method to record, as shown in FIG. 11, 
a silent signal in the first fonnat, and the second coding 
method to record the second code string in a blank area 
In the second fonnat enabling a high efficiency, thereby 
implementing a long recording time. More specifically, 
the first format header 80 and zero bit-allocated quan- 
tizing precision data 83 are generated by a first codec- 
based silent fixed pattem generator 1 52. Namely, when 
the quantizing precision data 83 Is allocated zero, no bit 
may be allocated to the spectrum coefficient data 85 in 
FIG. 6. Thus, the normalizing coefficient data 84 shown 
in FIG. 11 is followed by a blank area 87. A second code 
string generated by the second coding method is em- 
bedded in the blank area 87. Thus, a relatively wide re- 
cording area can be assured for the second coding 
method, and even if the second code string is played 
back by the first format-conforming player, no noise will 
occur. 

[0052] Further, there is a method by which a further 
wide recording area can be assured for the second cod- 
ing method while preventing noise from occurring when 
the second code string is played back by the first 
fonned-conformlng player, thereby permitting to imple- 
ment a higher sound quality. This method is shown in 
FIG. 12. As shown, the quantizing precision data 83 of 
all the encoding units, defined by the number of encod- 
ing units 82 written in the first fonnat header 80, is set 
zero while the code string 120 generated by the second 
coding method is recorded in a blank area 88 immedi- 
ately after the quantizing precision data 83. More spe- 
cifically, 4 bytes is allocated to the first format header 
80, a total of 10 bytes (80 bits) for 20 encoding units, in 
which one quantizing precision can be expressed with 
4 bits, is allocated to the quantizing precision data 83, 
and 198 bytes is allocated to the blank area 88. Thus 
212 bytes can be allocated to one encoding frame. Ac- 
tually, different values will be set for the first format-con- 
fonnlng normalizing coefficient data but since the quan- 
tizing precision data are set all to zero, so It will be in- 
terpreted that all the spectrum data are zero for the first 
coding method. Eventually, when the code string data 
shown in FIG. 12 is played back by the first format-con- 
forming player, no sound is played back and thus no ter- 
rible noise will take place. With the number of encoding 
units being set to a minimum one allowable by the first 
format, a wide recording area can be assured for the 
second codec and the top position of the second codec 
can be fixed. 

[0053] The first fonmat-conforming player can play 
back a music piece part consisting of the plurality of en- 



coding fonmats formed from the synthetic code strings 
shown in FIGS. 11 and 12 silently with no noise. 
[0054] Further, the above encoder records, by the first 
codec, the warning message "this music piece has been 

5 recorded by second codec" in the leading part of each 
music piece as having previously been described, to 
avoid the user's confusion. FIG. 13 shows a code string 
encoded by the encoder. In this example, a warning 
message encoded by the first codec is recorded in a part 

10 before each music piece part (warning message part) 
300, and then a first codec-based silent fixed pattern 
302 and data encoded by the second codec and record- 
ed are recorded in each encoding frame 303 of the mu- 
sic piece part 301 , 

15 [0055] Thus, following the message "this music piece 
has been recorded by second codec", the first foimat- 
confonning player makes a silent playback, thus pre- 
venting the user of the first format-conforming player 
from being confused. 

20 [0056] On the other hand, when the first codec-based 
silent fixed pattem is recorded, the second format-con- 
forming player decodes the second codec-based code 
string. Also, when the first codec-based silent fixed pat- 
tern is not recorded, the second fomnat-conforming play- 

25 er will make a silent playback. More specifically, the sec- 
ond format-conforming player will read a recording me- 
dium having recorded therein a code string shown in 
FIG, 14 to make a brief silent playback at the stop of a 
music piece, and then play back a music piece encoded 

30 by the second codec. This second format-conforming 
player will further be described later. 
[0057] FIG. 14 shows in detail encoding frame data 
consisting of code strings generated by the encoder ac- 
cording to another embodiment of the present invention. 

55 In this embodiment, since in each of the coding frames 
Fq, F^ , .... the second codec-based code strings are re- 
corded in an opposite order to that in which the first co- 
dec-based code strings are recorded, each of the co- 
dec-based code strings can be read out independently. 

40 Since the silent data in both the first and second codec- 
based code strings can be made compact in size, the 
first codec-based sound signal code string and second 
codec-based silent signal code string, and a second 
code-based silent signal code string and second code- 
cs based silent signal code string, are recorded dually, the 
sound quality of the sound signal can be assured to be 
sufficiently high. In this embodiment, the second format- 
confomriing player should always only decode each en- 
coding frame from its trailing end. Thus, since the first 

so codec-based code string may not be checked to see if 
it has a silent fixed patter, the operation may conven- 
iently be simplified. Note that by setting the quantized 
precision data 83 all to zero, the nomnalizing coefficient 
data 84 and spectrum coefficient data 85 may be par- 

55 tially added to the recording area of the second codec. 
[0058] FIG. 15 shows another code string recording 
method implemented by the use of the code string 
shown in FIG. 1 4. When playing back an encoding frame 



8 



BNSDOCID: <EP 1 107233A2_L> 



15 



EP 1 107 233 A2 



306 of a warning message part 305, the first format-con- 
forming player will play back a warning message " this 
music piece has been recorded by the second codec" 
recorded by the first codec. Thereafter, in a music piece 
part 308, a first codec-based silent fixed pattern 310 in 
an encoding frame 309 is read and silently played back. 
On the contrary, since the second format-confonming 
player will play back a second codec-based code string 
by decoding each encoding frame from its trailing end, 
the first codec-based silent fixed pattern may not be 
checked. 

[0059] FIG. 1 6 shows the construction of the encoder 
to generate the other code. This encoder is different 
from the encoder in FIG. 1 in that it is provided with a 
second codec-based silent signal generator 157. That 
is, when recording a second codec-based code string 
whose recorded order is opposite to that of the first co- 
dec-based code string in each frame, the encoder 
shown In FIG. 16 will generate a second codec-based 
silent fixed pattern 307 as shown in FIG. 15 by the sec- 
ond codec-based silent signal generator 157. 
[0060] Next, the embodiment of the decoder accord- 
ing to the present invention will be described. Referring 
now to FIG 1 7, there is illustrated in the form of a block 
diagram a decoder to read an acoustic signal from a re- 
cording medium having recorded therein the code string 
shown in FIG. 13. In the decoder, a code string decom- 
poser 136 sends to a first codec-based dummy string 
inspector 137 a silent fixed pattern portion of a code 
string shown in FIG. 13, supplied via an input terminal 
1 35, corresponding to the first format header 80 and first 
codec-based quantizing precision data 83. whose posi- 
tion and length in the encoding frame are fixed, while 
sending to a second codec decode block 1 38 other sec- 
ond codec-based code string portion of the code string. 
The first codec-based dummy string inspector 137 will 
check whetherthe received code string has a silent fixed 
pattern consisting of a first format header and zero bit- 
allocated quantizing precision data. If it is determined 
that the code string received by the first codec-based 
dummy string inspector 137 has the silent fixed pattern, 
a selective silencer 139 will provide an acoustic signal 
provided from the second codec decode block 138. 
When it is determined that the received code string has 
not the silent fixed pattern, the code string is taken as 
an invalid one.and a silent playback is done. 
[0061] Referring now to FIG. 1 8, there is shown a flow 
chart of operations effected when the selective silencer 
139 plays back an acoustic signal based on the result 
of the inspection by the first codec-based dummy string 
inspector 137 as in the above. At step S21 , it is judged 
whether the first codec-based part is the silent fixed pat- 
tern. If the result of the judgment is NO. the operation 
goes to step S22 where silent data is provided as an 
output. On the contrary, if the judgment result is YES, 
the operation goes to step S23 where a decoded data 
generated by decoding the second codec-based data is 
provided as an output. 
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[0062] The conventional decoder corresponding to 
the encoder shown in FIG. 2 is provided to generate an 
acoustic signal from the code string generated by the 
encoder in FIG. 2. As shown in FIG. 19, it supplies a 
5 code string provided at an input terminal 60 to a code 
string decomposer 61 which in turn will extract a code 
of each signal component. Then, after each signal com- 
ponent is restored from the code by a signal component 
decode block 62, an inverse transform block 63 provides 
10 an acoustic waveform signal as an output. 

[0063] Referring now to FIG. 20, there is illustrated in 
the form of a block diagram the inverse transfonn block 
63 forming the conventional decoder shown in FIG. 19. 
The transform block 63 corresponds to the specific ex- 
15 ample of the transfonrj block shown in FIG. 3. A signal 
component supplied from input terminals 65 and 66 is 
transformed by inverse spectrum transform blocks 67 
and 68 to signals of various freq uency bands. These sig- 
nals are combined by a band synthesis filler 69 and then 
20 delivered at an output terminal 70. 

[0064] Referring now to FIG. 21 , there is illustrated in 
the form of a block diagram the signal component de- 
code block 62 forming the decoder in FIG. 1 9. An output 
signal from the code string decomposer 61 is supplied 
25 to a dequantizer 72 via an input terminal 71 where it will 
in turn be dequantized, and then it is de-normalized by 
a de-nonnalizer 73 to a spectrum signal which is deliv- 
ered at an output terminal 74. 

[0065] FIG. 22 is a block diagram of the essential 
30 parts of the decoder to decode a signal whose tone com- 
ponent has been separated and encoded by the encod- 
er shown in FIG. 8. The decoder itself is constructed 
similarly to that shown in FIG. 1 9. The signal component 
decode block 62 in FIG. 1 6 is constructed as in FIG. 22. 
35 Namely, a tone component In a code string decomposed 
by the code string decomposer 61 is supplied from an 
input terminal 96 to a tone component decode block 98 
while a non-tone component is supplied from an input 
terminal 97 to a non-tone component decode block 99. 
^0 The tone component decode block 98 and non-tone 
component decode block 99 decode the tone and non- 
tone components, respectively, and supply their outputs 
to a spectrum signal synthesizer 1 00. A synthetic spec- 
trum signal generated by the spectrum signal synthesiz- 
es er 1 00 is delivered at an output temninal 101. 

[0066] The encoder shown In FIG. 2 and decoder 
shown in FIG. 19 are employed in a recorder and/or 
player shown in FIG. 23 for example. The recorder and/ 
or player is intended to write a first code string encoded 
50 by the first encoder and conforming to the first format to 
a recording medium and also read only that first code 
string. Thus, since the recorder and/or player will read 
a second code string confomning to the second format 
and supplied from the second encoder from a recording 
55 medium as a code string encoded by the first encode 
block, a terrible noise will take place. To avoid this, data 
in a code string shown in FIG. 1 3 or 1 5, encoded by the 
encoder according to the present invention, will be ef- 
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fectively written to or read from such a recorder and/or 
player. 

[0067] First, the construction of the recorder and/or 
player will be described below: 

5 

A recording medium used in this recorder and/or 
player is a magneto-optical disc 1 driven to rotate 
by a spindle motor 11 . For write of data to the mag- 
neto-optical disc 1 , a modulated field corresponding 
to the to-be-written data is applied to the disc 1 by io 
a magnetic head 14 while a laser light is being irra- 
diated to the disc 1 from an optical head 13. That 
is, a magnetic field modulated recording is effected 
to write the data to the magneto-optical disc 1 along 
the recording track thereon. Also, to read data from is 
the magneto-optical disc 1 , the recording track on 
the disc 1 is traced with a laser light by the optical 
head 1 3 to magneto-optically read the data from the 
disc 1 . 

The optical head 13 includes for example a laser 20 
source such as a laser diode or the like, optical parts 
such as a collimator lens, objective lens, polarizing 
beam splitter cylindrical lens, etc., a photodetector 
having a predetermined pattern of photosensors, 
etc. The optical head 13 is provided opposite to the ^5 
magnetic head 14 with the magneto-optical disc 1 
placed between them. For writing data to the mag- 
neto-optical disc 1 , a head drive circuit 26 in a re- 
cording system which will further be described later 
drives the magnetic head 14 to apply a modulated 30 
magnetic field corresponding to the to-be-written 
data while driving the optical head 14 to irradiate a 
laser light to a destination track on the magneto-op- 
tical disc 1 , thereby effecting a thermoelectric re- 
cording by the magnetic field modulating method. -35 
Also, the optical head 1 3 detects a return light of the 
laser light irradiated to the destination track to de- 
tect a focus error by the so-called astigmatic meth- 
od for example and also a tracking error by the so- 
called pushpull method for example. To rad data 40 
from the magneto-optical disc 1 , the optical head 1 3 
detects the focus error and tracking error while de- 
tecting a difference in the polarized angle (Kerr ro- 
tation angle) of the return light of the laser light from 
the destination track to generate a reading signal, 

[0068] The output of the optical head 13 is supplied 
to an RF circuit 15, The RF circuit 15 extracts the focus 
error signal and tracking error signal from the output of 
the optical head 1 3 and supplies them to a servo control so 
circuit 1 6 while binarizing the reading signal and supply- 
ing It to a decoder 31 in a playback system which will 
further be described later. 

[006d] The servo control circuit 1 6 consists of, for ex- 
ample, a focus servo control circuit, tracking servo con- 55 
trol circuit, spindle motor servo control circuit, sled servo 
control circuit, etc. The focus servo control circuit con- 
trols the focus of the optical system of the optical head 



1 3 so that the focus error signal will be zero. The tracking 
servo control circuit controls the tracking of the optical 
system of the optical head 1 3 for the tracking error signal 
to become zero. Further, the spindle motor servo control 
circuit controls the, spindle motor 11 to rotate the mag- 
neto-optical disc 1 at a predetermined speed (at a con- 
stant linear velocity, for example). Further, the sled ser- 
vo control circuit moves the optical head 13 and mag- 
netic head 1 4 to a destination track position on the mag- 
neto-optical disc 1, designated by a system controller 
17. The servo control circuit 16 providing such control 
operations sends information indicative of the operating 
status of each of the components controlled thereby to 
the system controller 17. 

[0070] The system controller 1 7 has a key input con- 
trol unit 18 and display unit 19 connected thereto. The 
system controller 17 Is supplied with operation input In- 
formation from the key input control unit 1 8 to control 
the recording and playback systems according to the in- 
formation. Also the system controller 17 manages the 
write position and read position on the recording track, 
traced by the optical head 13 and magnetic head 14, 
respectively, based on address infomriation in sectors, 
read as a header time and sub-code Q data from the 
recording track on the magneto-optical disc 1 . Moreover 
the system controller 17 controls the display unit 19 to 
display a read time based on the data compression rate 
of the recorder and/or player and information on the read 
position on the recording track. 

[0071 ] For the read time, an actual time information is 
determined by multiplying the address information in 
sectors (absolute time information) read as the so-called 
header time and so-called sub-code Q data read from 
the recording track on the magneto-optical disc 1 by the 
reciprocal of the data compression rate (for example, 
"4" when the compression rate is 1/4), and it Is displayed 
on the display unit 19. Note that also during data write, 
In case an absolute time information is previously re- 
corded in the recording track on the magneto-optical 
disc (Preformatted) for example, the preformatted abso- 
lute time information is read and multiplied by the data 
compression rate, whereby the present position can be 
displayed as an actual write time. 
[0072] Next, in the recording system of the disc re- 
corder/player, an analog audio input signal AtN from an 
Input terminal 20 Is supplied to an A/D converter 22 via 
a lowpass filter 21, and It is quantized by the A/D con- 
verter 22. A digital audio signal from the A/D converter 

22 is supplied to an ATC (adaptive transform coding) 
encoder 23 being a specific example of the encoder 
shown in FIG. 2. A digital audio input signal DIN from 
an input terminal 27 Is also supplied to the ATC encoder 

23 via a digital input interface circuit 28. The ATC en- 
coder 23 subjects a digital audio PCM data to be trans- 
ferred at a predetermined rate, generated by quantizing 
the input signal AIN by the A/D converter 22, to a bit 
compression (data compression) based on a predeter- 
mined data compression rate. The compressed data 
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(ATC data) from the ATC encoder 23 is supplied to a 
memory 24. Concerning a data compression rate being 
1/8 for example, the data transfer rate is reduced to 1/8 
(9.375 sectors/sec) of the data transfer rate (75 sectors/ 
sec) of data in the standard CD-DA format. 5 
[0073] The memory 24 Is used as a buffer memory to 
and from which data write and read are controlled by the 
system controller 1 7 to provisionally store the ATC data 
supplied from the ATC encoder 23 and write data to the 
disc as necessary. IVIore specifically, when the data io 
compression rate is 1/8 for example, compressed audio 
data supplied from the ATC encoder 23 is transferred at 
a rate reduced to 1/8 (9.375 sectors/sec) of the transfer 
rate (75 sectors/sec) of data in the standard CD-DA for- 
mat. The compressed audio data Is continuously written is 
into the memory 24. The compressed data (ATC data) 
can be written in every 8 sectors. However, since such 
data write in every 8 sectors is almost Impossible In 
practice, data write is made in successive sectors as will 
be described later. 

[0074] The data write is made at a burst at the same 
transfer rate (75 sectors/sec) as that of data in the stand- 
ard CD-DA format taking as a recording unit a cluster of 
a predetermined plurality of sectors (32 sectors + a few 
sectors, for example) with a pause between sectors. 
More specifically, ATC audio data written successively 
at a rate as slow as 9.375 (= 75/8) sectors/sec corre- 
sponding to the bit compression rate and compressed 
at a rate of 1/8 is read, as data to be written to the disc, 
from the memory 24 at a burst at the transfer rate of 75 
sectors/sec. The read data to be written to the disc is 
transferred at a rate as slow as 9.375 sectors/sec in- 
cluding the write pause, while the rate of momentary da- 
ta transfer within a time of the writing operation effected 
at a burst is the standard 75 sectors/sec. Therefore, 
when the disc rotating speed is the same as the transfer 
rate of data in the standard CD-DA format (constant lin- 
ear velocity), data will be written at the same recording 
density and in the same storage pattern as those of data 
in the CD-DA format. 

[0075] The ATC data, or data to be written to the mag- 
neto-optical disc, having continuously been read out 
from the memory 24 at a burst at the transfer rate (mo- 
mentary rate) of 75 sectors/sec, Is supplied to an encod- 
er 25. In data supplied from the memory 24 to the en- 
coder 25, the unit continuously written per write opera- 
tion includes a cluster containing a plurality of sectors 
(e.g., 32 sectors) and a few sectors disposed before and 
after the cluster to connect clusters to each other. The 
cluster connecting sectors are set longer than the inter- 
leave length in the encoder 25 and not to influence the 
data in the other clusters when interieft between the 
clusters. 

[0076] The encoder 25 subjects the to-be-written data 
supplied at a burst from the memory 24 as in the above 
to an encoding process for error correction (parity addi- 
tion and interleaving), EFM encoding process, etc. The 
to-be-written data encoded by the encoder 25 is sup- 
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plied to a magnetic head drive circuit 26. The magnetic 
head drivecircuit 26 has the magnetic head 14 connect- 
ed thereto, and drives the magnetic head 14 to apply a 
modulated magnetic field corresponding to the to-be- 
written data to the magneto-optical disc 1 . 
[0077] The system controller 17 provides the above- 
mentioned control of the memory 24 and also controls 
the write position in such a manner that the to-be-written 
data read at a bust from the memory 24 underthe above 
control is continuously written to the recording tacl< on 
the magneto-optical disc 1 . The write position control is 
effected by the system controller 1 7 managing the write 
position for the to-be-written data read at a burst from 
the memory 24 and supplying the servo control circuit 
1 6 with a control signal designating the write position on 
the recording track on the magneto-optical disc 1 . 
[0078] Next, the playback system will be described. 
The playback system is destined to read data continu- 
ously written on the recording track on the magneto-op- 
tical disc 1 by the aforementioned recording system. It 
includes a decoder 31 which is supplied with a read out- 
put acquired by tracing the recording track on the mag- 
neto-optical disc 1 with a laser light from the optical head 
13 and then binarized by the RF circuit 15. At this time, 
It Is possible to read not only the magneto-optical disc 
but a read-only optical disc simitar to a compact disc. 
[0079] The decoder 3 1 is provided correspondingly to 
the encoder 25 included in the aforementioned record- 
ing system. It subjects the read output binarized by the 
RF circuit 15 to the above-mentioned decoding process 
for error correction and EFM decoding process to play 
back the ATC audio data having been compressed at a 
rate of 1/8 at the transfer rate of 75 sectors/sec faster 
than the normal transfer rate. The read data provided 
from the decoder 31 is supplied to a memory 32. 
[0080] The memory 32 Is controlled by the system 
controller 17 concerning the data write and read. The 
read data supplied at the transfer rate of 75 sectors/sec 
from the decoder 31 is written into the memory 32 at a 
burst at the transfer rate of 75 sectors/sec. Also, from 
the memory 32, the read data written once into the mem- 
ory 32 at the transfer rate of 75 sectors/sec is continu- 
ously read out at the transfer rate of 9.375 sectors/sec 
corresDonding to the data compression rate of 1/8. 
[0081] The system controller 1 7 writes the read data 
Into the memory 32 at the transfer rate of 75 sectors/ 
sec, and controls the memory 32 for continuous read of 
the read data from the memory 32 at the transfer rate of 
9.375 sectors/sec. Also, the system controller 1 7 pro- 
vides the above-mentioned control of the memory 32 
and also controls the read position in such a manner 
that the read data written at a bust into the memory 32 
under the above control is continuously read from the 
recording tack on the magneto-optical disc 1. The read 
position control is effected by the system controller 17 
managing the read position for the read data written at 
a burst into the memory 32 and supplying the servo con- 
trol circuit 1 6 with a control signal designating the read 
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position on the recording track on the magneto-optical 
disc or optical disc 1 . 

[0082] The ATC audio data provided as the data con- 
tinuously read from the memory 32 at the transfer rate 
of 9.375 sectors/sec is supplied to an ATC decoder 33 
that Is the decoder shown in FIG. 5. The ATC decoder 
33 is provided correspondingly to the ATC encoder 23 
in the recording system. It plays back 1 6-bit digital audio 
data by expanding (bit expansion) 8 times for example. 
Digital audio data from the ATC decoder 33 is supplied 
to a D/A converter 34. 

[0083] The D/A converter 34 converts the digital audio 
data supplied from the ATC decoder 33 to an analog 
signal to generate an analog audio signal AOUT The 
analog audio signal AOUT provided from the D/A con- 
verter 34 is delivered at an output terminal 36 via a tow- 
pass filter 35. 

[0084] By having the recorder and/or player con- 
structed and operative as having been described In the 
foregoing play a magneto-optical disc having recorded 
therein the code strings shown in FIGS. 1 3 and 1 5, noise 
can be preventedfrom taking place. This Is because the 
ATC decoder 33 in the playback system of the recorder 
and/or player recognizes as a silent data the second 
one. generated by the second coding method, of the 
code strings shown in FIGS. 1 3 and 1 5. Also, when such 
a magneto-optical disc is played by a player capable of 
reading only the first codec-based data , the warning 
message will be played back, whereby it is possible to 
prevent the user from considering the recording medium 
to have no sound recorded therein, which would be pos- 
sible because of the silent playback. 
[0085] Also, the ATC decoder 33 included in the play- 
back system of the recorder and/or player has the func- 
tion of the decoder shown in FIG. 17. For example, when 
it is determined by reading the TOC area for example 
that the magneto-optical disc having recorded therein 
the code strings shown in FIGS. 13 and 15 is loaded in 
the recorder and/or player, it is possible to provide an 
acoustic signal by the above-mentioned operations. 
When the code string Is judged to be Invalid as the sec- 
ond code string, silent playback can be done. 
[0086] Further, the ATC encoder 23 provided in the 
recording system of the recorder and/or player has the 
function of the encoder shown in FIG. 1, the recorder 
and/or player can generate the code strings shown In 
FIGS. 13 and 15 by encoding at the time of reading, and 
also read them. 

[0087] Another embodiment of the encoding method 
according to the present invention will be illustrated and 
described. The infomiation processor executes a pro- 
gram based on the encoding method. It records in an 
internal recording medium thereof or downloads via a 
removable recording medium such as a floppy disc an 
encoding program to which the encoding method Is ap- 
plied, and executes the encoding program by a CPU In- 
cluded therein. Namely, the information processor func- 
tions as the aforementioned encoder. 



[0088] The information processor is generally indicat- 
ed with a reference 300. It will be described in detail with 
reference to FIG. 24. It has a CPU (central processing 
unit) 320 having connected thereto via a bus 340 a ROM 
5 31 0, RAM 330, communications interface (l/F) 380, driv- 
er 370 and an HDD 350. The driver 370 drives a remov- 
able recording medium 360 such as a PC card, CD- 
ROM or floppy disc (FD). 

[0089] The ROM 31 0 has stored therein an IPL (initial 
10 program loading) program and the like. According to the 
IPL program stored in the ROM 310, the CPU 320 exe- 
cutes an OS (operating system) program stored In the 
HDD 350, and further executes a data exchange pro- 
gram stored in the HDD 350 for example under the con- 
*5 trol of the OS program. The RAM 330 stores provision- 
ally programs and data necessary for the operations of 
the CPU 320. The communications interface 380 Is pro- 
vided for communications with external devices. 
[0090] The encoding program is taken out from the 
HDD 350 for example by the CPU 320 and executed in 
the RAM 330 as a work area by the CPU 320 which will 
effect the operations shown In the flow chart in FIG. 25. 
[0091] As shown in FIG. 25, it Is made sure at step SI 
If a portion being processed is a warning message por- 
tion. When the check result is YES, a first codec-based 
warning message code string is generated at step S2. 
If the check result is NO, a first codec-based silent fixed 
pattern is generated at step S3. Then, at step S4, a sec- 
ond codec-based code string is generated, and at step 
S5, a synthetic code string is generated from both the 
first codec-based and second codec-based code 
strings. 

[0092] Since the information processor executes the 
encoding program, it functions like the encoder with no 
dedicated hardware. That is, when a recording medium 
having recorded therein data conforming to the second 
format based on the second coding method, whose en- 
coding efficiency is higher than the first format based on 
the first coding method, is played in a first format-con- 
forming player silently without any noise, the warning 
message will be played back from the top portion of the 
data. Thus it is possible to prevent the user from con- 
sidering the recording medium to have no sound record- 
ed therein, which would be possible because of the si- 
lent playback, 

[0093] As apparent from the foregoing description, 
according to the present invention, a user going to play 
back a signal encoded by the second format-conforming 
codec using a first format-confomning player, can be giv- 
en a warning message while being allowed to simply 
control the second format-conforming playback. 
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1. An encoder comprising: 

a first encoding means for generating a first 
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code string by encoding a warning message 
signal or silent signal; 

a second encoding nneans for generating, when 
the first encoding means Is encoding a silent 
signal, a second code string by encoding an in- 
put signal; and 

means for generating a synthetic code string by 
combining the first and second code strings to- 
gether. / 

2. The encoder as set forth In Claim 1 , wherein the 
warning message signal warns that the synthetic 
code string contains the second code string. 

3. The encoder as set forth in Claim 1 , wherein the first 
encoding means generates a first code string con- 
forming to a first format and a second encoding 
means generates the second code string conform- 
ing to a second format different from the first formal. 

4. The encoder as set forth in Claim 1 , wherein the 
second encoding means generates, when the first 
encoding means is encoding the warning message, 
the second code string by encoding the silent sig- 
nal. 

5. The encoder as set forth in Claim 4, wherein the 
code string synthesizing means records the second 
code string generated by the second encoding 
means In a direction from the trailing end towards 
the leading end of the encoding frame. 

6. The encoder as set forth in Claim 1 , wherein the 
length of recording time corresponding to the en- 
coding frame of the first code string generated by 
the first encoding means is different from that cor- 
responding to the encoding frame of the second 
code string generated by the second encoding 
means. 

7. An encoding method comprising: 

a first encoding step of generating a first code 
string by encoding a warning message signal 
or silent signal; 

a second encoding step of generating, when 
the first encoding means is encoding a silent 
signal, a second code string by encoding an in- 
put signal; and 

a step of generating a synthetic code string by 
combining the first and second code strings to- 
gether. 

8. A recording medium for recording a synthetic signal 
generated by combining a first code string and sec- 
ond code string, in which the first code string is gen- 
erated by encoding a warning message or silent sig- 
nal while the second code string is generated by en- 



coding an Input signal when the first code string Is 
a silent signal encoded. 

9. A decoder comprising: 

5 

means for receiving a code string synthesized 
by combining a code string encoded by a first 
encoding means and a code string encoded by 
a second encoding means; 

10 means for detecting a predetermined bit pattern 

in the first code string; and 
means for decoding the second code string; 
the second code string decoding means provid- 
ing a predetermined sound when the predeter- 

15 mined bit pattern has not been detected by the 

bit pattern detecting means. 

10. The decoder as set forth in Claim 9, wherein when 
the predetermined bit pattern has not been detected 

20 by the bit pattern detecting means, the predeter- 
mined sound provided from the second code string 
decoding means Is silent. 

11 . A decoding method comprising steps of: 

25 

receiving a code string synthesized by combin- 
ing a code string encoded by a first encoding 
and a code string encoded by a second encod- 
ing; 

30 means for detecting a predetermined bit pattern 

in the first code string; and 
means for decoding the second code string; 
at the second code string decoding step, there 
being provided a predetermined sound when 

35 the predetermined bit pattern has not been de- 

tected at the bit pattern detecting step. 

12. A decoder comprising: 

40 means for receiving a code string synthesized 

by recording, in apredetermlned-length encod- 
ing frame, a first code string from the top of the 
encoding frame and a second code string from 
the bottom of the encoding frame; and 

45 means for decoding the second code string re- 

corded from the bottom of the encoding frame. 

13. A decoding method comprising steps of: 

50 receiving a code string synthesized by record- 

ing, in apredetermined-length encoding frame, 
a first code string from the top of the encoding 
frame and a second code string from the bottom 
of the encoding frame; and 

55 decoding the second code string recorded from 

the bottom of the encoding frame. 
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